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[57) ~ ABSTRACT

‘A method and apparatus for detecting, with an un-

known data training, high-rate data signals coming
through a digital communication system whose charac-
teristics is dynamic and unknown. The method underly-
ing the present invention 1s based on an error estimation
criterion which has embodied the emphasis on system
characteristics. By means of this method, an apparatus is
able to track the characteristics of a pre-designed partial
response signaling system automatically, thereby to

effect an adaptive control over the characteristics of the
digital communication system described above with an

unknown data training. In accordance with the first
embodiment of the present invention, an adaptive con-
volutional channel encoding process is jointly operated
with an adaptive system filtering process which tracks
the characteristics of the pre-designed partial response
signaling system automatically with an unknown data
training. In according with the second embodiment of
the present invention, an adaptive maximum likelthood
sequence search of transmitted data symbols in a Trellis
state diagram 1s jointly optimized with the adaptive
convolutional channel encoding and the adaptive sys-
tem filtering process described in the first embodiment
of the present invention. The adaptive receiver with an
unknown data training described in the present inven-

tion is reliable in the sense that minimized error proba-

bility is reached in the sequence search of transmitted
data symbols and is flexible in the sense that it has no

adverse effects on the operations of a communication
network.

12 Claims, 7 Drawing Sheets
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1

METHOD AND APPARATUS OF JOINT
ADAPTIVE CHANNEL ENCODING, ADAPTIVE
- SYSTEM FILTERING, AND MAXIMUM
LIKELIHOOD SEQUENCE ESTIMATION
PROCESS BY MEANS OF AN UNKNOWN DATA
TRAINING

BACKGROUND-—FIELD OF INVENTION

The present invention relates in general to an adapt-
ive receiver for use in a digital communication system
using a quadrature amplitude modulation (QAM) tech-
nique. More particularly, this invention relates to a
method and apparatus whereby a joint operation of an
adaptive channel encoding process, an adaptive system
filtering process and a process of maximum likelihood
sequence estimation (MLSE), by means of a system-
characteristics oriented error estimation criterion un-
derlying the present invention, is realized with an un-
known data training.

The term QAM 1s used here in its broadest sense such
that said QAM technique includes, in particular, a pulse
amplitude modulation (PAM) and a phase-shift keying
(PSK) modulation as well as a QAM in its narrow sense
that it involves an independent modulation of two quad-
rature carriers.

BACKGROUND—DESCRIPTION OF PRIOR
ART

Said adaptive receiver used in said digital communi-
cation system determines the quality and complexity of
an information exchange process via a transmission
channel. Meanwhile, said adaptive receiver sets the
requirements, limitations, and restrictions on said trans-
mission channel. For example, an encoding/decoding
process is conventionally used to improve the perfor-
mance of a communication system. Such a system per-
formance is usually evaluated with regard to a mini-
mized error probability. The basic requirement for the

5
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put signal sequence {1z} are both considered to be ran-
dom. The measured MSE is then fedback to said adapt-
ive receiving filter. Adjustments of said adaptive receiv-
ing filter are made in the direction of minimizing said
MSE to be measured for the subsequent instants.

A preamble data training and testing process by using
a known data sequence is necessary for the operation of
said adaptive receiving filter wherein said error crite-
rion of signal estimation type is applied. Several meth-
ods of training said adaptive receiving filter with a
known data sequence have been reviewed in U.S. Pat.
No. 4,227,152 to Godard et al. (1980). More examples
for the application of said error criterion of signal esti-
mation type for the operation of said adaptive receiving

’ filter can be found in U.S. Pat. No. 5,119,400 to Koch

(1992), U.S. Pat. No. 5,117,291 to Fadavi-Ardekani et
al. (1992), U.S. Pat. No. 5,113,441 to Yoshida et al.
(1992), and U.S. Pat. No. 4,789,952 to Lo et at. (1988),
where the requirement of using a known data sequence
as said reliable signal reference prior to a normal data
transmission is verbally stated. In U.S. Pat. No.

- 4,599,732 to LeFever (1986), known data sequences are
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application of said encoding/decoding process is that 40

the characteristics of said communication system is
under control. In practice, the characteristics of said
transmission channel is usually unknown.

To avoid confusion, a distinguish is made between

said transmission channel and said communication sys- 4°

tem that the latter is a concatenation of the former and
a receiving device. |

In order to combat intersymbol interference (ISI) of

said communication system, an adaptive receiving filter

has been commonly applied; in the prior art, however,
there has been no direct concern of how to learn and

control the characteristics of said communication sys-
tem. |

In prior art, an error criterion of signal estimation
type is conventionally adopted for the operation of said
adaptive receiving filter. It is defined by the difference
between a reliable signal reference and an estimated
signal. One of the examples of said error criterion of
signal estimation type i1s a mean-square error (MSE).
Said MSE measures a magnitude of squared difference
between a desired signal sequence {Ix} and an output
signal sequence {I¢} from said adaptive receiving filter
that

emse=E{| Ir—I|%}. (1)
The notation E{.} stands for a statistical expectation
wherein said desired signal sequence {Ix} and said out-

30
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interleaved with unknown data messages to achieve a
timing and frequency synchronization for an adaptive
communication receiver wherein said adaptive receiv-
ing filter is employed.

The requirement and implementation of said pream-
ble data training and testing process set restrictions on
practical communications. For example, it excludes

~many applications in high-rate data transmissions

wherein the characteristics of said transmission channel
changes very fast. In these cases, said preamble data
training and testing process is necessary for the opera-

tion of said adaptive receiving filter, but the timing of an

aperiodic data training 1s out of control whereby chan-
nel encoding achievements are degraded due to the
unknown and distorted characteristics of said transmis-
sion channel. On the other hand, a process of periodic
data training takes a lot of transmission overhead that
sacrifices rate of information exchange and increases
transmission cost.

The operation of said adaptive receiving filter imple-
mented by means of an unknown data training has been
investigated and proposed—for example, in U.S. Pat.
No. 4,227,152 to Godard et al. (1980), and other techni-
cal references such as the articles entitled “A Method of
Self-Recovering Equalization for Multilevel Amplitude
Modulation Systems,” authored by Y. Sato, IEEE
Transactions on Communications, vol. COM-23, No. 6,
June 1975, pp.679-682, “Self Recovering Equalization
and Carrier Tracking in Two Dimensional Data Com-
munication Systems,” authored by D. N. Godard,
IEEE Transactions on Communications, vol. COM-28,
No. 11, November 1980, pp.1867-1875, “Approaches to
Blind Equalization of Signals with Multiple Modulus,”
authored by W. A. Sethares et at., Proceedings of the
IEEE International Conference on Acoustics, Speech,
and Signal Processing, vol. 2, 1989, pp.972-975, “Blind

60 Equalization with Criterion with Memory Nonlinear-
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ity,” authored by Y. Chen et al., Optical Engineering,

vol. 31, No. 6, June 1992, pp.1200-1210 and “Channel

Estimation Standard and Adaptive Blind Equalization,”
authored by Yuang Lou, Proceedings of the IEEE
International Symposium on Circuits and Systems, San
Diego, Calif.,, US.A., May 1992, vol. 2, pp.505-508.
‘These proposed devices and processes-of said adaptive
receiving filter are commonly referred to as adaptive
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blind equalizers and adaptive blind equalization pro-
cesses, respectively, where the requirement of said pre-

amble data training and testing process using a known

data sequence is removed. Instead of using said error

criterion of signal estimation type, some of these pro-
posed adaptive blind equalizers adopt an error criterion

of statistical estimation type for an error measurement
between said desired signal sequence {Ix} and said out-
put signal sequence {1z} from said adaptive receiving
filter; for example, in the articles entitled “A Method of
Self-Recovering Equalization for Multilevel Amplitude
Modulation Systems,” authored by Y. Sato, IEEE
Transactions on Communications, vol. COM-23, No. 6,
June 1975, pp.679-682, “Self Recovering Equalization
and Carrier Tracking in Two Dimensional Data Com-
munication Systems,” authored by D. N. Godard,
IEEE Transactions on Communications, vol. COM-28,
No. 11, November 1980, pp.1867-1875, “Approaches to

4

ever, in these proposed maximum likelihood sequence
estimation (MLSE) receivers, said adaptive receiving

- filter is required and then operated by said error crite-

10

i5

Blind Equalization of Signals with Multiple Modulus,”

authored by W. A. Sethares et al., Proceedings of the
IEEE International Conference on Acoustics, Speech,
and Signal Processing, vol. 2, 1989, pp.972-975, and
“Blind Equalization with Criterion with Memory Non-
hinearity,” authored by Y. Chen et al., Optical Engineer-
ing, vol. 31, No. 6, June 1992, pp.1200-1210.

The main drawbacks of using said error criterion of

20

25

statistical estimation type for the operation of said -

adaptive receiving filter are:

(1) Its convexity and unique global minimum proper-

ties are not guaranteed. One of the examples has been

30

investigated in an article entitled “Ill-Convergence of

(Godard Blind Equalizers in Data Communication Sys-

tems,” authored by Z. Ding et at., IEEE Transactions -

on Communications, vol. COM-39, No. 9, September
1991, pp.1317-1327. 1t should be noted that even
though the statistics of said desired signal sequence {I}

and the statistics of said output signal sequence {I;} are

the same, i.e., an error measurement of statistical estima-

tion type is zero, said output signal sequence {1z} is not

IEeCfssaw to be a replica of said desired signal sequence
Iz | |

(2) The basic requirement for the application of said
encoding/decoding process is to get the characteristics
of said communication system under control. However,
the minimum error measurement of statistical estima-
tion type is
~ characteristics of said communication system is under
control. Therefore, there is no guarantee for the appli-
cability of said encoding/decoding process when said
error measurement of statistical estimation type is mini-
mized.

(3) Said error measurement of statistical estimation
type 1s limited within a non-spectral-null communica-
tion environment, such that it is excluded from a spec-
tral-null communication environment.

Besides the technique of adaptive equalization in said
adaptive receiver, other techniques have been proposed
that can be applied to said communication system with
~1mtersymbol interference (ISI). Such receivers are de-
scribed in the articles entitled “Adaptive Maximum
Likelihood Receiver for Carrier-Modulated Data
~ Transmission Systems,” authored by G. Ungerboeck,
IEEE Transactions on Communications, vol. COM-22,
No. 5, May 1974, pp.624-636, and “Maximum Likeli-
hood Sequence Estimation of Digital Sequences in the
Presence of Intersymbol Interference,” authored by G.
D. Forney Jr., IEEE Transactions on Information The-

35
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rion of signal estimation type and so said preamble data

training and testing process for the initial setup of said
adaptive receiving filter is indispensable. Even though

under said preamble data training and testing process, a
channel encoding process, a controlling process of the
characteristics of said communication system, and an
MLSE process can be implemented simultaneously,
each process follows its own merit, wherefore a joint
optimization of these processes cannot be reached.

OBJECTS AND ADVANTAGES

Accordingly, the objects and advantages of the pres-
ent invention are:

(a) to provide a method and apparatus for a reliable
adaptive receiver with an unknown data training, which
1s connected to said transmission channel to form an
overall adaptive system,

(b) to provide a method and apparatus for said reli-
able adaptive receiver used in a transmission network
without adversely affecting the operation of said trans-
mission network,

(c) to provide a method and apparatus for said reli-
able adaptive receiver whereby said adaptive channel
encoding process is induced without increasing the
operational complexity of a relevant transmitter,

(d) to provide a method and apparatus for said reli-
able adaptive receiver which can be operated within an
adaptive partial response signaling system so that said
method and apparatus relaxes the restriction on said
reliable adaptive receiver’s operation in said spectral-
null communication environment,

(e) to provide a method and apparatus. for said reli-
able adaptive receiver which automatically adjusts itself
to control the characteristics of said overall adaptlve
system mentioned in (a),

(D) to provide a method and apparatus for said reliable
adaptive receiver whereby said MLSE process is jointly
operated together with said adaptive channel encoding

~ process to enhance controlling of the characteristics of

45

not equivalent to the condition that the
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ory, vol. IT-18, No. 3, May 1972, pp.363-378. How-

sald overall adaptive system, and

(g) to provide a method and apparatus for the appli-
cation of a system identification.

Further objects and advantages will become apparent
from the consideration of the ensuing description and
drawings.

SUMMARY OF THE INVENTION

Broadly speaking, the present invention provides a
method and apparatus for effecting a control over a
digital operated system. In particular, said method and
apparatus of the present invention can be applied for
building up a reliable and flexible adaptive digital com-
munication system whereby an information retrieval
can be done by means of an unknown data training. The
present mnvention enlarges the operational class of said
information retrieval for there is no need of said pream-
ble data training and testing process by using a known
data sequence as is required for the process of an adapt-
ive equalization with a conventional adaptive MLSE
process.

The present invention presents a way to track the
characteristics of said overall adaptive system for digi-
tal communications. Said overall adaptive system is
formed by said transmission channel concatenated by
sald adaptive receiver, which is responsible for said .



5,432,818

S

adaptive system filtering process and an adaptive
MLSE process. A direct control over the characteris-
tics of said overall adaptive system is realized by mini-
mizing the difference between the characteristics of said
overall adaptive system and an ideal system reference
for the characteristics of said overall adaptive system
which has been specified by a user of the present inven-
tion. Said direct control over the characteristics of said
overall adaptive system has the merit that it meets the
basic requirement for applying said encoding/decoding
process. This is not the case when said error criterion of
statistical estimation type is used instead. Since an
adaptive system filtering device is incorporated in said
adaptive receiver, it may also be called an adaptive
receiver filter. |

The present invention has its advantages over the
prior art, wherein said error criterion of statistical esti-
mation type 1s used, in that said overall adaptive system
for digital communications where the present invention
is applied behaves as an adaptive channel encoder in a
joint operation with said adaptive system filtering de-

10

15

20

vice. Moreover, the spectral nulls in the characteristics

of an ideal partial response signaling system can be
specified by said user at the locations where the spectral
nulls of said transmission channel are if any.

In addition, the present invention demonstrates its
advantages over the prior art where said error criterion
of statistical estimation type is used, in that said overall
adaptive system for digital communications can be op-
erated in a fashion that said adaptive system filtering
device is implemented jointly with a maximum likel-
hood sequence estimator (ML.SE) whereby a soft deci-
sion decoding (SDD) process is carried out. The joint
operation of said adaptive channel encoder, said adapt-
ive system filtering device and said MLSE determines
an estimate of the transmitted data sequence through
said overall adaptive system when the minimum error
probability 1n the detected symbol sequence is reached
by means of said direct control of the characteristics of
said overall adaptive system.

Said method and apparatus of the present invention
can also be applied to said system identification with the
aid of said direct control over the characteristics of said
overall adaptive system, when a system to be identified
replaces said transmission channel in said overall adapt-
ive system.

Although the description of the present invention
contains some specificities, these should not be con-
strued as limiting the scope of the present invention but
as merely providing illustrations of some of the pres-
ently preferred embodiments of this invention. For
example, said ideal system reference specified by a user
for the characteristics of said overall adaptive system
can be 1n a general partial response signaling format in
time domain; the length N specification of an ideal dis-
crete partial response signaling impulse response can be
extended to any N > 0; said direct control over the char-
acteristics of said overall adaptive system can be imple-
mented in other forms, such as an error control is oper-
ated 1n frequency domain or time-frequency domain,
etc.; said reliable and flexible adaptive system described
in the present invention can be adapted for use in an
adaptive system control or an adaptive system identifi-
cation, etc. |

Thus the scope of the present invention should be
determined by the appended claims and their legal
equivalents, rather than by the examples given.
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DRAWING FIGURES

In the drawings, closely related figures have the same
numerals but different alphabetic suffixes.

FIG. 1 shows a simplified block diagram of said over-
all adaptive system for communications. The section of
a receiver sampler and a system filtering device repre-
sents the embodiments of the present invention.

FI1G. 2A shows a 16-point QAM signal constellation,
and its decision thresholds for an estimated signal point
Ix in the sense of a minimum Euclidean distance mea-

surement.

FIG. 2B shows a signal point constellation of the
class I partial response signaling system with respect to
a 16-point QAM signal transmission, which is used to
illustrate the examples in the embodiments of the pres-
ent invention.

FIG. 3 shows a joint adaptive timing recovery loop
incorporated with said adaptive system filtering device.

FI1G. 4 shows the state transition subsets of said signal
point constellation given in FIG. 2B. The selection of
the kth state subset 1s subject to the (k— 1)th state.

FI1G. 5 shows a simplified block diagram for a joint
operation of said adaptive channel encoder, said adapt-
ive system filtering device, and said maximum likeli-
hood sequence estimator (MLSE), which is described in
the second part of the embodiments of the present in-
vention.

FIG. 6 shows a chart of performance evaluation
whereby comparisons can be made between said joint
operation of said adaptive channel encoder and said
MLSE by means of an unknown data training 36, and an
adaptive blind equalization process using a partial re-
sponse signaling format and a symbol-by-symbol deci-
sion 33.

REFERENCE NUMERALS IN DRAWINGS

11 mput port of said transmission channel

12 said transmission channel h whose characteristics
is dynamic and unknown

13 said overall adaptive system which can be mod-
elled as said adaptive channel encoder whereby the
characteristics of said overall adaptive system is
shaped i1nto a partial response signaling format

14 said adaptive system filtering device which shapes
the characteristics of said overall adaptive system

15 said receiver sampler which samples a received
signal from said transmission channel h

16 a sampled sequence of said received signal

17 a signal sequence of output signal from said system
filtering device

18 a decision device with limiting thresholds

19 a detected symbol sequence from said decision
device

20 error measured and fedback to said adaptive sys-
tem filtering device

21 decision threshold grid for use in the minimum
Euclidean distance rule

22 an Euclidean distance measurement

23 input port of a transmitter encoder

24 a signal mapping device

25 an output symbol sequence from said signal map-
ping device

26 a precoding device

27 an MLSE processor

28 an output symbol sequence of said MLSE proces-
SOT

29 a decoding device
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30 an output symbol sequence of said decoding de-
vice

31 an inverse signal mapping device

32 a recovered symbol sequence at the final stage

33 said transmitter encoder |

34 an MLSE receiver-decoder

35 average error rate versus signal-to-noise ratio
(SNR) for an adaptive blind equalization process
using a class I partial response signaling format,

where a symbol-by-symbol decision has been made
according to the minimum Euclidean distance rule
36 average error rate versus signal-to-noise ratio

10

(SNR) for a joint operation of said adaptive chan- -

nel encoder and said MLSE processor using said
class I partial response signaling format by means
of an unknown data training

40 an adaptive sampling device

41 output port A of said adaptive sampling device

42 output port B of said adaptive sampling device

43 a division device whereby its output is equal to its
input divided by a constant divisor 8T

44 an adaptive timing adjustment device whereby an
adaptive compensation of sampling timing error at
the k+ 1th moment is carried out based on its input.
and the sampling timing error at the kth moment

45 a differentiator for said joint adaptive timing re-
covery loop whereby calculation of is done and the
result is output to the next stage

46 time derivative of output signal yx(A7), i.e., yx(AT)

47 time derivative of an output signal Ix from said
system filtering device, i.e., Ix

DETAILED DESCRIPTION OF THE
PREFERRED EMBODIMENTS

In order to make the present invention dear and easy
to understand, a simplified diagram of transmission
~channel h 12 and adaptive system filtering device ¢ 14 of
the present invention is shown in FIG. 1. As the first
part of the preferred embodiments, said direct control
of the characteristics of said overall adaptive system
performed by adaptive system filtering device ¢ 14
when an ideal system reference in € 20 is chosen is pres-
ented. In addition, an implementation example I is
given. Then, a detailed description of the joint opera-
tion of said adaptive channel encoder, said adaptive
system filtering device and said- maximum likelihood
sequence estimator by means of an unknown data train-
ing will be presented in the second part of the preferred
embodiments as shown in FIG. 5. Preferred embodi-
ments of the present invention will be illustrated in a
baseband model. Corresponding modulation and de-
modulation devices will not be shown in view of the
understanding 1n the stated art.

In FIG. 1, {Ix} at 11 stands for a transmitted data
sequence to transmission channel h 12 where the sub-
script k denotes a time index of a sampled signal se-
quence. Overall adaptive system S 13 comprises trans-
mission channel h 12, receiver sampler 15 and adaptive
system filtering device ¢ 14. In the broadest sense, X
1s defined as a mathematical operation. In particular, the
operation X 1is a convolution of the characteristics of
transmission channel h 12 and adaptive system filtering
- device ¢ 14. Samples {h,,} of an impulse response of
transmission channel h 12 are unknown. Adaptive sys-
tem filtering device ¢ 14 has an adaptive coefficient set
{cm}. Under the operation X between the character-
istics of transmission channel h 12 and adaptive system
filtering device c¢ 14, the characteristics of overall

15

20

- 8
adaptive system S 13 is {S(m)}={b,n} X {cm}. In

- general, overall adaptive system S 13 is operated as an

adaptive convolutional channel encoder whereby the
characteristics of overall adaptive system S 13 is adap-

tively shaped into a partial response signaling format.

Recetver sampler 15 generates a sampled signal se-
quence {yx} 16 at the input port of adaptive system
filtering device c 14. Adaptive system filtering device ¢
14 1s followed by a decision device 18 whereby output
signal {Ix} 17 of adaptive system filtering device c 14 is
sliced and a decision symbol {Ix} 19 is made. Samples
{h,,} of said impulse response of transmission channel h
12, said adaptive coefficient set {c,,} of adaptive system
filtering device ¢ 14, and the signal sequences {Ir} at 11,
{y«} 16, {Ix} 17, and {Ix} 19 are all considered to be
complex. Adaptive system filtering device ¢ 14 is auto-
matically adjusted by a pre-defined error € 20. The first
part of the preferred embodiments relates to the defini-
tion of pre-defined error € 20 and the design of adaptive
system filtering device ¢ 14. The operation of adaptive
system filtering device ¢ 14 aims at getting said direct
control of the characteristics of overall adaptive system

- S 13 such that in general overall adaptive system S 13 is
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an adaptive and well controlled partial response signal-
ing system. |

The error estimation criterion for € 20 of the present
mvention is defined as

®
N—-1
= E{a 3 [80m) ~ Sem)|? + (1 = @)| 20) — Lil? }

In Equation (2), {S(m)} denotes a set of the sampled
characteristics of an ideal complex partial response
signaling system which can be specified by a user in a
particular application. A complex valued set {Sx(m)}
stands for the kth estimate of the characteristics of over-
all adaptive system S 13 since the characteristics of
transmission channel h 12 is unknown. The notation |. |
stands for the magnitude of a complex signal, and the
integer N 1s the maximum number of samples such that
S(m)=0 for all m=N. Z(Iz) is a designed function of I
19, and Ix 17 is the output signal from adaptive system
filtering device ¢ 14. There are two error measurements
€1 and €3 in Equation (2). The first term of error € 20,

_ (3)
N—-1
& = E{ 5 10m) — Sim)] }

represents an error measurement of the difference be-
tween the characteristics of said ideal complex partial
response signaling system and an estimate of the charac-
teristics of overall adaptive system S 13. The conver-
gence and minimization of the error measurement ¢; in
Equation (3) implies said direct control of the character-
istics of overall adaptive system S 13. The minimization
of the second error measurement in € 20,
e2=E{| Z(1y—1k|*}, 4)
improves the convergence property of error € 20 when
an adaptive control is realized in an Euclidean space.
Said adaptive control in said Euclidean space is repre-
sented by a minimized Euclidean distance 22 measured
between {Ix} and {I;} shown in FIG. 2A. Further con-
siderations and explanations about the design of a func-
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tion Z{Ix} are illustrated in a subsequent example. In
Equation (2), a parameter a is used as a combination
factor which takes a real value in the range of (0, 1].
Said parameter a weights the two error measurements
€1 and €3 1n error € 20.

An adaptive algorithm is invoked to minimize error ¢
20 in order to gain said direct control of the characteris-
tics of overall adaptive system S 13.

The concept and design of the estimation criterion for
error € 20 are totally different from that employed in the
prior art. For example, said MSE given in Equation (1)
is defined by the difference between said desired signal
sequence {Ix} and said output signal sequence {Ix} of
sald adaptive system filtering device. An effective oper-
ation of said adaptive system filtering device following
said MSE is limited to the availability of said desired
signal sequence {1z} which is a reliable signal reference
for the output signal sequence {Ix }; otherwise, said
adaptive system filtering device loses control of the
characteristics of overall adaptive system S 13. In the
prior art using said error criterion of statistical estima-
tion type, said direct control of the characteristics of
said overall adaptive system has never been realized.
Therefore, the basic requirement for the application of
saild encoding/decoding process to achieve a reliable
and flexible communication system that the characteris-

10
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tics of said reliable and flexible communication system

should be under control 1s not satisfied in the prior art
using said error criterion of statistical estimation type.

For the purpose of illustration, we are going to exem-
plify one of the designs and implementations of error €
20 under the following conditions and definitions which
are conventionally accepted. Further modifications and
extensions to other applications are not limited by the
examples given, and the scope of the present invention
1s determined by the appended claims a.nd their legal
equivalents.

(1) Transmitted data sequence {Ix} at input port 11 of
said transmission channel h belongs to a QAM 51gnal
constellation. One of the examples of said QAM SIgnal
constellation is shown in FIG. 2A. Transmitted data
sequence {Ix} at input port 11 of said transmission chan-
nel h is ergodic with the following statistical properties

E{lz}=0 (5)
and

Ellpl*t}= 8. (6)
As appreciated by those skilled in the art, said statistical
properties of transmitted data sequence {Ii} can be
realized by means of a data scrambling. Superscript *
represents a complex conjugate, stands for the aver-
age energy of said transmitted data sequence {Ix}, and

oL i denotes the Kronecker delta function with

(7)

(2) Samples {nx} of a noise process in transmission
channel h 12 are of an additive white gaussian distribu-
tion with zero mean and variance o,2. The samples
{nz} of said noise process is independent of said trans-

mitted data sequence {I¢} at input port 11 of said trans-
mission channel h such that

30

35
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E{Ii*n} (&)

h—
—

E{I;*}E{n;}
= 0.

(3) The characteristics of transmission channel h 12 is
hnearly modelled, and said sampled sequence of re-
ceived signal {yx} 16 are elements of a random process.

(4) A time updated average at the kth iteration is
defined as

k &)
P -z'=_E-0 {-i}

<>k =

for k<Npp. Nopis a selected time length of a finite obser-
vation window. When k=N,;, said time updated aver-
age with a sliding window is defined as

{k} — {k = Nop} (10)
< Dk= . Dk—1 -+ —-——"“""-—N »
ob

Thus, the result of said time updated average is still
random.

(5) With respect to a selected length 2L 41 of adapt-
ive system filtering device ¢ 14, the vector Yy of said
sampled sequence of received signal {yx} 16 at the kth
iteration and the vector of coefficients {c,,)} of adaptive

system filtering device ¢ 14 are defined as

Ye=OkL -+ «» Yo k1o -« s Vk—L)F (11)
and

C=(c—L ...¢0--.,cD)T. (12)

Superscript 7 stands for a vector/matrix transposition.
Now in Equation (2), said complex valued set {Iz(m)}

at the kth iteration is defined and calculated as

45

30

33

65

<Pr—mlk>k (13)

Sg(m) =

for m=0, 1,..., N—1. In Equation (13), I*;4_—,, is the
complex con_]ugate of an element of detected symbol
sequence {Ix} 19.

In Equation (2), said signal sequence {1z} output from
said adaptive system filtering device is

(14)

Ir

In Equation (2), said function Z(Ix) is defined as

L N1 (15)
(1 —a) J— L mz (S(m) — Sp(m)u*;m
Z(Ix) = I ~ — _L
a I=§- g Vel
when a term Zj—_jsLly*;_5£0. If said term

)= —rLy*r =0, the calculation of said function Z(I)
1s switched to
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L N-1 (16)
I~a) 3 3 (S(m)— SHmIulmpk—1
20 = I — —=
: 2
a !:{_ r |yk—1|

In Equations (15) and (16), the quantity u*;,, is defined
and estimated as -

<VP*r-teem>rk (17)

P
——

&
£ lm

An adaptive algorithm for adaptive system filtering
device ¢ 14 is then invoked to minimize error € 20 de-

fined in Equation (2). An implementation example I of 1°

adaptive system filtering device ¢ 14 for the first part of
the preferred embodiments is now in position.

IMPLEMENTATION EXAMPLE I

The 1mplementation of adjusting adaptive system
filtering device ¢ 14 comprises the following steps:

(1) Basing on the signal constellation knowledge of
transmitted data sequence {Ix} at 11, we set up decision
threshold grid 21 for 2 minimum Euclidean distance
rule. One of the design examples of decision threshold

10

20

25

grid for a 16-point QAM signal transmission scenario is

given in FIG. 2A. In this example, we select said param-
eter a=$ in Equation (2) for an equal weight between
the €1 and €7 error measurements. Parameter N is chosen
to be unity so that S(0)=1 and S(m)=0 for all m=40 are
selected for an ideal delta impulse response of overall
adaptive system S 13. Total number 2L+ 1 of coeffici-
ents {c} in adaptive system filtering device c 14 is
pre-determined, e.g., 2IL.4-1=21. A real valued testing
threshold A for said term 2;—._rLy*;_;is initially set
up, e.g., A=0.00001. In this example, we demonstrate a
least-mean square (LMS) adaptive process for the case
that parameter p for step size is pre-selected, e.g.
n=0.0002. Since the performance of adaptive system
filtering device ¢ 14 aims at minimizing error € 20, said
I.MS adaptive process can be substituted by other

adaptive processes as long as they can reach the goal of-

using said adaptive system filtering device. For exam-
ple, instead of using said LMS adaptive process, a recur-
sive least-squares (RLS) adaptive process can be in-
voked for a faster convergence rate with a higher com-
putational cost. The iterative procedure of said LMS

adaptive process by adaptive system filtering device ¢ .

14 1s then demonstrated step by step as follows.

(2) Said signal sequence {1z} of adaptive system filter-
ing device c¢ 14 is calculated by Equation (14). Then a
symbol decision {Ix} is made by the application of said
minimum Euclidean distance rule to {I;}. An estimate
of the characteristics of overall adaptive system S 13 is
carried out by Equation (13).

(3) Said term 22— . rLy*r_;is always monitored dur-
ing the process performed by adaptive system filtering
device ¢ 14. Whenever

L (18)
}l::{LJ’*k—I] > A,

' said function Z(Iz) is calculated by Equation (15). If the
condition of Equation (18) is not satisfied, the calcula-
tion of said function Z(I) is carried out by Equation

30

35

40

45

50

35

65

(16). Thus, the convergence of a process performed by

adaptive system filtering device ¢ 14 is fast and stable
without increasing a computational cost. The switching

12

policy as such is described and tested in an article enti-
tled “Comparison of Adaptive Blind Equalizers”, au-
thored by Yuang Lou, Proceedings of the IEEE Inter-
national Conference on Acoustics, Speech, and Signal
Processing, San Francisco, U.S.A., March 1992, vol.
IV, pp.545-548.

(4) The gradient of € 20 with respect to the coeffici-
ents {c,,} of adaptive system filtering device c 14 is then
carried out that

(19)

—41 — a)E {NE_I (S(m) — Sp(m)u*p m }"‘
m=0
N--1 L
(1—a) E_ 1-—-2 I3 u¥nmilm |

40 meR = = Yeen |2U0 — 1)

a I=E— [k~
for all n=-L,...,0,..., L. In Equation (19), the
notations and  stand for the real and imaginary

components of a complex quantity, and j=V — 1. When
said term 3;— .1 Ly jsatisfies Equation (18), said func-
tion Z(Xx) n Equation (19) is substituted by the expres-
sion given in Equation (15). If the condition of Equation
(18) is not met, the gradient calculation of Equation (19)
is switched to

(20)

N-—-1

—4(1-"C1)E{ 2 (S(m)—Si(m)u*pm }-l—
| m=0

— L
(1—a) Em Z Lu*n,muz,my*z:_z
4aF AL — =V *ken |2 —I1)
3 _ 2
a, % L|}’k 1]

foralln=—L1,...,0,..., L. Said function Z(Iz) in
Equation (20) is then substituted by the expression given
in Equation (16).

In said I.MS adaptive process, said statistical expecta-

tion E{.} is simply dropped off, and the coefficients

{cm} of adaptive system filtering device c 14 is updated
iteratively by the following formula

21

for all n=—L,...,0,..., L. The selection of the

~expression for the gradient terms in Equation (21) 1s

determined by the result of monitoring Equation (18).
When Equation (18) is satisfied, Equation (19) will be
substituted into Equation (21). When Equation (18) is
not satisfied, the gradiant of € 20 with respect to {c,»} in
Equation (21) will be given by Equation (20).
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‘Technical features in implementation example I are

stated as follows.

In implementation example I, the characteristics of

transmission channel h 12 can be adaptively identified.
When the characteristics of said overall adaptive system
1S under control, 1.e., the measured error defined in
Equation (2) is being minimized, the estimate of the
characteristics of transmission channel h 12 is adap-
tively converging to an ideal system reference for the
characteristics of overall adaptive system S 13 divided
by the characteristics of adaptive system filtering de-
vice 14. |

In implementation example I, receiver sampler 15 is
operated at the same rate as that of said transmitted data
sequence {Ix}. This is called a symbol rate operation.
Recelver sampler 15 can also be operated at a higher
sampling rate than that of said symbol rate operation.
An adaptive filtering technique using said higher sam-
pling rate is called a fractional-spaced adaptive filtering
technique.

In said implementation example I, receiver sampler
15 1s operated mdependently of adaptive system filter-
ing device ¢ 14. In order to achieve a joint optimization
of sampling and filtering, receiver sampler 15 in FIG. 1
is replaced by an adaptive sampling device 40 in FIG. 3
which is used in said joint adaptive timing recovery
loop incorporated with adaptive system filtering device
c 14. An adaptive timing adjustment device 44 is used to
adjust the timing phase of adaptive sampling device 40.
Demodulated signal from transmission channel h 12 is
~ the mput of adaptive sampling device 40. There are two
output ports of adaptive sampling device 40, i.e., port A
41 and port B 42. Sampling timing difference between
port A 41 and port B 42 is 8T. Here, 8 is a real parame-
ter in the value range (0,1) and T is the time interval
between adjacent symbols in said transmitted data se-
quence {Ix}. In said joint adaptive timing recovery

loop, there are two identical adaptive system filtering
devices sharing the same set of coefficients {c} but

taking different input signal sequences from port A 41
and a signal sequence {yx(AT)} 46, respectively.
Signal sequence {yx(A7)} 46 is the output signal se-
quence of a division device 43 which is the approximate
time derivative of {yx(A7)} from port A 41 such that

yilAT + BT)
BT

— JiK(AT) (22)

Yi(AT) =

In Equation (22), notation A7 stands for an unknown

sampling timing error. An adaptive compensation for

said unknown sampling timing error is carried out by
adaptive timing adjustment device 44 such that

o€
oT

(23)

Thk+1 = Tk =~ Pr

1s fedback to adjust the timing of adaptive sampling
device 40. In Equation (23), step size u,is a pre-selected
parameter, e.g. ur=10—3. The quantity of Equation
(23) 1s calculated in a differentiator 45 that

== —2¢E{

Equation (24), time derivative {Ix} 47 is obtained that

<I L> (24)
: [ (Sm) — Sim) =——"=== }}+

2(1 — )E{ {[Zx* — M2k — Ix]})

14
L 25
I = 2 yr—KAT) @)
I=—L
3 and
L N-1 (26)
l—a) 2 2 I mlp>r u¥im
7, — [= . m=0 _
k L
10 a z___'{Z_ L.v*k XAT)
L N-—1
(1 —a) 2 (S(m) — S(m)<Ipk—my*k--KAT) >k
I——L m=0 -
T +
p3
s a I___L}"k —KAT)
e "“E'Lm . : 51 (S(m) — SimM)u*] .
I 2 l=~L m=0 '
20 . |:1=E— y*k"(m:l

In said joint adaptive timing recovery loop, the value of
Zi=—1Ly*r_A7) is always monitored. If
2i=—rLy*r_KAT)| <A, the calculation of Equation

25 (26) is switched to
I N-1 27)
(I—) £ 2 <Pprmlp>ru*myrk—KAT)
= .. m=0
L= 3 —
2
30 o 1=E_ Llyk-z(ﬁf)l
L N~
(1—a) =§_ r m{ (S(M) Sim)) < Ik —my* k— KAT) > Wk — KAT)
- _
35 a l__LIJ""k _KAD)|?
L N«
(1- ﬂ‘-) 2 2 (S(m)—Sp(m))u*;myr—KAT)
I= L, m=0
_ L e +
40 = k—KAT)|
2(1—a) { sz— I Yk~ KAT)VE— KAT) )
3 a[z— | Yk~ f(ﬁf)lz:l
F 5 lsimy-s . KAT).
:_—Lm-_o( (m) —Si(m)u* | myk— KAT
50

By now, in the first part of the preferred embodiments,
a novel adaptive system filtering device or alternatively
called an adaptive blind equalizer has been presented,
whereby said direct control over the characteristics of
overall adaptwe system S 13 1s carried out by means of
minimizing error € 20 with an unknown data training.
Due to the fulfilment of said direct control over the
characteristics of overall adaptive system S 13 by said
adaptive system filtering device automatically tracking
the minimum e 20 in Equation (2), a joint operation of
said adaptive channel encoder and said MLSE proces-
sor can be achieved with an unknown data training.
More details of it will be described in the following
second part of the preferred embodiments.

When adaptive system filtering device ¢ 14 works
with error € 20 in Equation (2) whose system reference
{S(m)} is in a partial response signaling format, overall

“adaptive system S 13 turns into said adaptive convolu-

55
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tional channel encoder, as shown in FIG. 5. In FIG. 5,
there is a simplified diagram for said joint operation of
said adaptive channel encoder and saiad MLSE proces-
sor with an unknown data training, whereby a joint
optimization can be realized. Thus, signal {Iz} 17 from
adaptive system filtering device ¢ 14 contains not only
the information of current input data {Ir} but also the
information of previous N—1 input data {I,} for
n=k—1,...,k—N+1. A Viterbi sequential estimation
algorithm is operated on the output of adaptive system
filtering device ¢ 14 to form an MLSE processor 27
instead of using a conventional decision dewce making

a symbol-by-symbol detection.
In said overall adaptive system shown 1n FIG. §, said
adaptive channel encoder is controlled by adaptive

10

~continued
(30)
0, X = —3;
1, 7Xp = —1;
ral =
2, X =1;
3, X = 3.

Set an initial value of a complex symbol sequence {bz}

as bp= bp4j bo=0, a precoding process is carried
- out as
b;;= ok~ br.1, Mod 4)
b= ar— br_1(Mod 4) (31)

15

system filtering device ¢ 14 tracking an ideal system

reference 1S(m)} for m=0, 1, ..., N—1 without in-
creasing a transmission overhead. Since said ideal sys-
tem reference {S(m)} for m=0, 1, ..., N—1 can be
selected to have spectral nulls at places where the spec-
tral nulls of transmission channel h 12 are located, said
- adaptive channel encoder and said MLSE processor
can be operated jointly over a spectral-null transmission

channel by an unknown data training. Thus, said joint

operation of said adaptive channel encoder and said
MLSE processor enlarges the application class in which
the conventional adaptive equalization processes are
applied. Since the adaptive convolutional channel en-
coder and the adaptive MLSE processor are operated
on one and the same error estimation criterion of € 20 in
said direct control over the characteristics of overall
adaptive system S 13, said jomt optimization can be
reached. In contrast, said joint optimization is out of the
question in a conventional communication system

wherein an adaptive equalization process and an MLSE

receiving process are operated simultaneously, but with
respective error estimation criteria.

Now, an implementation example of said joint 0pera-
tion of said adaptive channel encoder and said MLSE
processor by means of an unknown data trammg is in
position.

IMPLEMENTATION EXAMPLE I1

In the broadest sense, information source {X} at the
input port 23 of a transmitter encoder is characterized
by a QAM signaling format. In the present example, the
transmission of {Xz} is carried out over a 16-point
QAM system and the ideal signal constellation of 16-
point QAM for said information source {Xz} is given in
FIG. 2A that the input symbol set consists of the points

{Xi}={1%p — 15 135 — 135 35 — 3+

337 —~3+3)} (28)

An signal mapping procedure carried out by signal
mapping device 24 is described by the following rule

(29}
0, X = —3;
1, X = —1;
ap =
2, X = 1;
3, Ax=3
and
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by precoding device 26. At input port 11 of said trans-
mission channel, a transmitted signal {Ik} at the kth
moment is precoded that

;=2 bg—(M—1)+2 bg—(M—1)] (32)
for M=V 16in a scenario of 16-point QAM signal trans-
mission. From Equation (32), the precoded signal set
{11} is also of 16 points in the complex domain. In the
present example, said ideal system reference for the
characteristics of overall adaptive system S 13 is set in
said class I partial response signaling format that

. S(m)=1 (33a)
for m=0 or 1; otherwise,
S(m)=0. (33b)

Adaptive sampling device 40 takes a demodulated sig-
nal sequence from transmission channel h 12 as ifs input
and generates sampled signal sequence {yx} 16. The
operation of adaptive system filtering device ¢ 14 fol-
lows the descriptions given in the first part of the pre-
ferred embodiments, except with a different calculation
of symbol sequence {Ix} which will be described and
demonstrated later on in this second part of the pre-
ferred embodiments. Since the characteristics of overall
adaptive system S 13 is set in said class I partial response
signaling format defined in Equation (33), adaptive
system filtering device ¢ 14 tracks said ideal system

~ reference for S 13 by minimizing error € 20 which is
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defined in Equation (2). Thus, an adaptive convolu-
tional channel encoding process is realized at the receiv-
ing end by the transmission of signal sequence. {Iz}

through overall adaptive system S 13.

Due to the transmission of {Ix} in said class I partial
response signaling format and corresponding adaptive
convolutional channel encoding process, the set of all
possible states for signal sequence {Iz} 17 expands be-
yond that of input signal sequence {Iz} to transmission
channel h 12. In this example of 16-point QAM trans-
mission over an adaptive class I partial response signal-
ing system, a state diagram of possible {1z} 17 is given
in FIG. 2B. There are totally 49 possible states of signal
sequence {1z} rather than the original 16 possible states
of input signal sequence {Ix} to transmission channel h
12 shown 1in FIG. 2A.

Instead of a symbol-by-symbol detection via decision
device 18 with decision thresholds, signal sequence {1z}
17 enters into MLSE processor 27 wherein the so-called
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soft decision decoding (SDD) process generates output
symbol sequence {[Ix]} 28 from MLSE processor 27.
The purpose of running MLSE processor 27 is to
minimize the probability of error in symbol sequence
{[1x]} 28 with respect to input signal sequence {Ix} to
transmission channel h 12. With a pre-determined SDD
tracking length, LEN, e.g.,, LEN=30, an adaptive
MLSE process proceeds. By the state transition table
given in FIG. 4, we compare output signal Ix 17 with
current possible states {[1x]} 28 and set forth a SDD
metric. A subset of current possible states {[Ix} is deter-
mined by a previous state [Ix_1]. Said SDD metrics are
formed that |
€ k= |Ix—[IK] | % (34)
Integer number j is assigned for j=1, 2, .. ., jmax, and
jmax is the total possible states of {[1x]} determined by
said previous state {[Ix—1]} on the ith path. For exam-
ple, we have jmax=16 for [Ix—1]=(—6,6) and
jmax=49 for [Ix_1]=(0,0) from FIG. 4. After the cal-
culation of Equation (34), said SDD metric is updated

and a surviving SDD metric is selected by
ei=min{€;+¢€; ,_f,k} (35)

for all 1 and possible j’s. Index i is assigned for i=1,2, .
. . , imax, and integer imax indicates the number of total

possible surviving paths in said SDD process. In this

example, integer imax is upper limited by 49.

According to the SDD surviving rule of min{e;} at
the kth iteration in Equation (35), a delayed decision
[1x—rEN] 28 is then made by MLSE processor 27 and
sent to decoding device 29. In other words, said delayed
decision [Ix- L £n] is a signal point on the surviving path
with min{¢;} among all existing paths of ¢s. The SDD
surviving rule described above can be understood by a
Trellis tree search diagram, which is illustrated in an
article entitled “The Viterbi Algorithm,” authored by
G. D. Forney Jr., Proceedings of the IEEE, vol. 61, No.
3, March 1973, pp.268-278. In order to prevent a possi-
ble error propagation in the final decision symbol {Xx}
due to an adaptive partial response channel encoding, a
decoding and an inverse signal mapping processes are
implemented. In this example, said decodlng process is
carried out by the following rule

%]

| 36
—2—*+(M-'*1)(1+J) (Mod 4) co

afp =

where M is equal to V'16=4 for a 16-point QAM com-
munication system. The notation (.) stands for an esti-
mate of the original signal point (.). Said inverse signal
mapping is then applied to recover the original data
symbol {X¢} that

3 o (37)
-1, ar = 1
Ak = 1, aj = 2;
3, ar = 3;
and
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-continued
(38)
-3, Tap = O;
-1, Tai = 1;
AL =
1, TaLE = 2;
3, TaLE = 3.

Said decoding and inverse signal mapping processes
described in Equations (36) to (38) are not at all in-
volved in the previous symbol decision. Thus, said pos-
sible error pmpagatmn 1n said adaptive partial response
signaling system is prevented.

Despite the fact that said signal sequence {Ix} does
not appear explicitly in FIG. 5, {Ix} is still indispensable
In implementation example II. The explanation thereof
is this. For said direct control over the characteristics of
overall adaptive system S 13, said symbol sequence {Ix}
1s used for error € 20 defined in Equation (2) to estimate
said {Sx(m)} in Equation (13) and Z(I) in Equations
(15) and (16). Due to said adaptive convolutional chan-
nel encoding process in an adaptive partial response
signaling format in said joint operation with the MLSE
receiving process, a symbol sequence {Ir} is the esti-
mate of precoded symbol sequence {Ix} at 11. Thus,
said symbol sequence {1} is obtained from the follow-
ing procedures.

Based on the complex result of ( ax, 3ax) from

Equation (36), a complex symbol sequence {bx} is cal-

culated that

afk— bk—l: (MOd 4)

Gk~ br—1, Mod 4) (39
where said complex symbol sequence {bg} starts with
bo= bo+j bo=0. Said symbol sequence {1z} is then
formed that
Ii2 bp—(M—-1D+A2 bp—(M-1)]. (40)
In this example, M=V 16is applied to a scenario of
16-pomnt QAM signal transmission. The calculation of
{Ix} shown in Equation (40) for error € 20 relates to
implementation example II; and this should be distin-
guished from the symbol-by-symbol threshold decision
that is described in implementation example 1.
To conclude, we are now going to compare the per-
formances in the following two cases. One is an adapt-

ive blind equalization process which is operated by a
symbol-by-symbol detection scheme, and the other is

the jomt adaptive processes with an unknown data

training which is just described in this implementation
example II. In terms of average error rate versus signal-
to-noise ratio, their performances are evaluated by com-
puter simulations and shown by two curves 35 and 36 in
FIG. 6. Curve 35 1s given for the former case, and curve
36 for the latter, while both adaptive processes proceed
in said class I partial response signaling format defined
by said ideal system reference given by Equations (33a)
and (33b). It can be seen from the comparison between
curves 35 and 36 that said joint operation of said adapt-
ive channel encoder with said adaptive system filtering
device and said MLSE processor of the present inven-
tion has achieved an improved system performance
regarding average error rate versus signal-to-noise ra-
tio. |

I claim:
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1. In an adaptive receiver for use in an automatic and
reliable detection of data signals coming through a
transmission channel whose channel characteristics is

dynamic and unknown, whereupon said adaptive re-

- ceiver includes a receiver sampler and an adaptive sys-
tem filtering device in series which concatenate said
transmission channel to form an overall adaptive system
connected to a decision device of said adaptive receiver
for producing detected data symbols, and which enable

an adaptive control over the unknown characteristics of 10

said overall adaptive system under the guidance of an
error estimation criterion underlying the present inven-
tion, a method of effecting an adaptive adjustment of
the characteristics of said adaptive system filtering de-
vice with an unknown data training, comprising the
steps of: |

(a) choosing an ideal system reference for the charac-
teristics of said overall adaptive system by a user of
said adaptive receiver,

(b) making an adaptive estimate of the characteristics
of said overall adaptive system with said unknown
data training, | | |

(c) forming an error measurement on the basis of said
error estimation criterion when the results in steps
(a) and (b) are available, and

(d) using a signal resulting from said error measure-
ment in step (c) as a control signal which is fedback
to said adaptive system filtering device such that its
characteristics will be adjusted and hence the char-
acteristics of said overall adaptive system will be
under said adaptive control according to said ideal
system reference referred to in step (a).

2. Method according to claim 1, characterized in that

(a) a basic part of said error estimation criterion un-
derlying the present invention is defined as an error
function based on the difference between said
adaptive estimate of the characteristics of said
overall adaptive system pointed out in claim 1 step
(b) and said ideal system reference pointed out in
claim 1 step (a),

(b) said adaptive estimate of the characteristics of said
overall adaptive system has been formulated in
terms of sampled input and output signals of said
adaptive system filtering device and detected data
symbols from said decision device, all of which are
unknown yet measurable quantities, and

(c) said error estimation criterion has been extended
to an extended error estimation criterion by adding
to said basic part defined on a system-characteris-
tics basis in (a) a second term which is defined with
respect to both symbol-by-symbol basis formed by
a comparison between a function of detected data
symbol and an estimated symbol, and system-
characteristics basis, gaining advantages of:

(c1) being able to weight said basic part of the
extended error estimation criterion by a numeri-
cal factor and said second.term of said extended
error estimation criterion by another numerical
factor to render the flexibility of said extended
error estimation criterion in application,

(c2) maintaining validity of said adaptive control
over the unknown characteristics of said overall

adaptive system stated in claim 1 when said ex-

tended error estimation criterion is used instead
of said error estimation criterion originally used
in claim 1, defined in (a) of claim 2,

(c3) 1mproving convergence properties of said
adaptive adjustment of the characteristics of said
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adaptive system filtering device and said adapt-
ive control over the characteristics of said over-
all adaptive system, and
(c4) being capable of presenting the result of an
adaptive procedure by a conventional MSE cri-
terion with a known data training the same as
what said adaptive procedure converges to by
said extended error estimation criterion with an
unknown data training. |
3. Method according to claim 2, characterized in that
when an adaptive sampling device is used instead of said
receiver sampler and augmented with a division device,
a differentiator, an adaptive timing adjustment device,
an adder, and a duplicate of said adaptive system filter-
ing device to form an adaptive timing recovery loop,
there is a joint working of the following two adaptive
processes
(a) said adaptive adjustment of the characteristics of
said adaptive system filtering device, and
(b) an adaptive adjustment of timing in said adaptive
sampling device | o
to support each other by the same extended error esti-
mation criterion with an unknown data training, regard-
less of whether a sampling rate is set to a value that is
equal to or higher than input signal rate to said overall
adaptive system.
4. Method according to claim 1, characterized in that
an adaptive process is designed for updating the charac-

- teristics of said adaptive system filtering device by said
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error estimation criterion to such an extent that the
adaptive algorithms, which are underlying said adapt-
1ve process, can be set into a storage area of said adapt-
1ve system filtering device and executed by the logic
circuits built in said adaptive system filtering device
when said control signal is applied to said adaptive
system filtering device as stated in claim 1 step (d).

S. Method according to claim 1, characterized in that
there 1s a system identification model in the sense that
when unknown characteristics of said transmission
channel and a system are to be identified, they can be
derived from the knowledge of the characteristics of
both said adaptive system filtering device and said over-
all adaptive system which is made available by operat-
ing said system identification model by: _

(a) sending a data sequence, which is unknown at the
receiving end of said transmission channel and said
system, as mput to said transmission channel and
said system to excite said overall adaptive system,
namely, said system identification model, and pro-
ducing an output signal at the output end of said
system 1dentification model,

(b) adjusting adaptively the characteristics of said.
adaptive system filtering device according to said
output signal from step (a) of claim 5 and evaluat-
ing the adjustment result according to said ex-
tended error estimation criterion, and concurrently

(c) controlling adaptively the characteristics of said
overall adaptive system towards said ideal system
reference chosen by a user intending to do said
system i1dentification.

6. For a digital communication system using a quad-
rature amplitude modulation (QAM) technique which is
a concatenation of a transmission channel of unknown
characteristics and a receiving apparatus wherein an
adaptive convolutional channel encoding process and
an adaptive compensation process for the working of
said receiving apparatus are concurrently optimized
with an unknown data training in their operation under
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the guidance of the extended error estimation criterion
underlying the present invention, an apparatus for real-
izing the joint optimization of the two processes just
stated, characterized in that it includes: |

means for carrying out said adaptive convolutional

channel encoding process through an adaptive
channel encoder, which is formed by the concate-
nation of said transmission channel, and an adapt-
ive system filtering device within said receiving
apparatus, wherein the unknown characteristics of
said digital communication system performed as
said adaptive channel encoder is under adaptive
control by the extended error estimation criterion
with said unknown data training and wherefore a
user of said apparatus has to specify a system refer-
ence involved in the extended error estimation
criterion, and |

means for carrying out said adaptive compensation

process through an adaptive sampling device
within an adaptive timing recovery loop for the
working of said receiving apparatus by the ex-
tended error estimation criterion whose system
reference has been specified by said user of said
apparatus.

7. Apparatus according to claim 6, characterized in
that said receiving apparatus includes an adaptive sam-
pling device and an adaptive system filtering device in
series which concatenate. said transmission channel to
form said digital communication system connected to a
decision device of said receiving apparatus such that
when said user’s specification of said system reference
required for the extended error estimation criterion is an
ideal system reference of a partial response signaling
format, said digital communication system forms an
adaptive convolutional channel encoder by the ex-
tended error estimation criterion in the sense that input
signals to said digital communication system are trans-
formed by convolution of the characteristics of said
transmission channel and said adaptive system filtering
device and are thus encoded in a manner determined by
said user’s specification of said ideal system reference of
said partial response signaling format in the extended
error estimation criterion.

8. Apparatus according to claim 7, characterized in
that the extended error estimation criterion used for said
- adaptive system filtering device to control the charac-
teristics of said adaptive convolutional channel encoder
provides a means to match the distribution of spectral
nulls if any in the characteristics of said transmission
channel with spectral nulls of the characteristics of said
adaptive convolutional channel encoder whose loca-
tions are controllable.

9. Apparatus according to claim 6, characterized in
that said adaptive sampling device in claim 7 operated
within an adaptive timing recovery loop, which is
formed by the concatenation of said adaptive sampling
device, a division device, a differentiator, an adaptive
timing adjustment device, an adder, said adaptive sys-
tem filtering device, a duplicate of said adaptive system
filtering device, and said decision device, plays the role
of an adaptive system compensator to carry out said
adaptive compensation process for the working of said
receiving apparatus by using the same extended error
estimation criterion in claim 7.
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10. For an automatic, flexible and reliable digital
communication system using a QAM technique which
1s formed by the concatenation of a transmitter encoder,
a transmission channel of unknown characteristics and a
receiving apparatus wherein an adaptive convolutional
channel encoding process, an adaptive compensation
process for the working of said receiving apparatus and
a maximum likelihood sequence estimation (MLSE)
process are concurrently optimized with an unknown
data training in their operation under the guidance of

~ the extended error estimation criterion underlying the

present mvention, an apparatus for realizing the joint
optimization of the three processes just stated, charac-
terized 1n that it includes:

means for carrying out said adaptive convolutional

channel encoding process through an adaptive
convolutional channel encoder wherein the char-
acteristics of said adaptive convolutional channel
encoder, which 1s formed by the concatenation of
said transmission channel, an adaptive sampling
device and an adaptive system filtering device
within said receiving apparatus, is under adaptive
control by the extended error estimation criterion
with said unknown data training and wherefore a
user of said receiving apparatus has to specify an
ideal system reference involved in the extended
error estimation criterion,

means for carrying out said adaptive compensation

process which is jointly implemented by said
adaptive sampling device and said adaptive system
filtering device within said receiving apparatus to
support said adaptive convolutional channel en-
coding process by the extended error estimation
criterion whose ideal system reference has been
specified by said user of said receiving apparatus,
and

means for carrying out said MLSE process which is

implemented by an MLSE receiver-decoder to
remove the possibility of an error propagation in a
partial response signaling system and to support
said adaptive compensation process.

11. Apparatus according to claim 10, characterized in
that said receiving apparatus includes an adaptive sam-
pling device and an adaptive system filtering device in
series with an MLSE receiver-decoder as a soft decision
device, wherein an adaptive timing recovery loop for
said adaptive compensation process is formed by the
concatenation of said adaptive sampling device, a divi-
sion device, a differentiator, an adaptive timing adjust-
ment device, an adder, said adaptive system filtering
device and its duplicate, while said convolutional chan-
nel encoding process is carried out in the combination
of said transmission channel, said adaptive sampling
device and said adaptive system filtering device.

12. Apparatus according to claim 10, characterized in
that in order to remove the possibility of said error
propagation at the output of said receiving apparatus
for a partial response signaling transmission system, said
transmitter encoder which comprises a signal mapping
device and a precoding device is installed at the input of
said transmission channel, while said MLSE receiver-
decoder which comprises an MLSE processor, a decod-
ing device and an inverse mapping device is used as said

soft decision device of said receiving apparatus for said
MILSE process.
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